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1
METHOD OF MATCHING A DIGITIZED
STREAM OF AUDIO SIGNALS TO A KNOWN
AUDIO RECORDING

BACKGROUND

There are various applications that process audio data.
Telephony systems can analyze early media or pre-call audio
of outbound calls to detect carrier messages and accurately
disposition call attempts. Telephony systems can analyze call
audio to determine if a phone call is answered by a human or
by an answering machine. Telephony systems can analyze
call audio from remote IVR systems to match IVR prompts
and allow automated traversal of IVR menus. Smart phone
based applications may use their microphones to digitize
audio sounds. Cable set top boxes may analyze audio portions
of television signals to detect content such as commercials
and programming. Internet devices and routers can intercept
audio streams, look for certain messages, and detect the
match of automated messages. These various applications
process audio data, and report the results of the processing.

SUMMARY

According to one embodiment disclosed herein, in a
method for matching a digitized stream of audio signals to a
known audio recording, a processor receives an audio stream
from an application. The method, via the processor, performs
signal analysis on the audio stream to compute a stream audio
print of the audio stream, where the stream audio print iden-
tifies a pattern associated with the audio stream. The signal
analysis is performed on sound and silence within the audio
stream. The method, via the processor, applies a silence con-
straint to match periods of silence in the stream audio print to
periods of silence in a known audio print from a library of
known audio prints. The silence constraint is associated with
the known audio print. The method, via the processor, deter-
mines a potential match between the stream audio print and
the known audio print. If application of the silence constraint
is successtul, the method, via the processor, computes a total
scoring metric function associated with the potential match to
identify a match between the stream audio print and the
known audio print.

In one aspect of embodiments disclosed herein, when the
method computes the total scoring metric function, the
method overlays the stream audio print with the known audio
print. The method computes a scoring metric function at a
subset of temporal points, and sums a result of the scoring
metric function at each of the subset of temporal points to
create a total score metric. The total score metric is a result of
the total scoring metric function.

In one aspect of embodiments disclosed herein, when the
method computes the total scoring metric function, the
method computes the scoring metric function at a temporal
point between component data from the stream audio print,
and component data from the known audio print. The com-
ponent data from the stream audio print comprises a first
frequency associated with the stream audio print, a second
frequency associated with the stream audio print, and a first
amplitude ratio associated with the first frequency and the
second frequency. The component data from the known audio
print comprises a third frequency associated with the known
audio print, a fourth frequency associated with the known
audio print, and a second amplitude ratio associated with the
third frequency and the fourth frequency.

In one aspect of embodiments disclosed herein, the method
then calculates a first component as a difference between the

25

40

45

65

2

first frequency and the third frequency, and applies a first
tunable parameter to scale the first component. The method
calculates a second component as a difference between the
second frequency and the fourth frequency, and applies a
second tunable parameter to scale the second component. The
method calculates a third component as a difference between
the first amplitude ratio and the second amplitude ratio, and
applies a third tunable parameter to scale the third compo-
nent. The method then sums the first component, the second
component, and the third component to calculate the scoring
function. Each of the first, second and third tunable param-
eters is chosen to scale an influence that the respective first,
second, and third component has on the result of the scoring
metric function.

In one aspect of embodiments disclosed herein, the method
determines the match between the stream audio print and the
known audio print when the total scoring metric is a low
value, where the low value is less than a tunable threshold.

In one aspect of embodiments disclosed herein, when the
method computes the total scoring metric function, the
method chooses the subset of temporal points as temporal
points that are not periods of silence. Alternatively, the
method chooses the subset of temporal points as temporal
points that have the greatest frequency amplitude. The num-
ber of temporal points in the subset is tunable.

In one aspect of embodiments disclosed herein, the method
performs the signal analysis, applies the silence constraint,
determines the potential match, and computes the total scor-
ing metric function, real time, on the audio stream as the audio
stream is received.

Inoneaspect of embodiments disclosed herein, if the appli-
cation of the silence constraint is not successful, the method
continues to perform the signal analysis, apply the silence
constraint, determine the potential match, and compute the
total scoring metric function on a plurality of segments asso-
ciated with the audio stream until the potential match is, or is
not determined in any of the plurality of segments. The audio
stream is comprised of the plurality of segments. If the poten-
tial match is not determined in any of the plurality of seg-
ments, for any of one or more known audio prints in the
library of known audio prints, the method notifies the appli-
cation that there is no matching known audio print.

In one aspect of embodiments disclosed herein, if applica-
tion of the silence constraint is not successful, the method
identifies the stream audio print as a possible new known
audio print to be added to the library of known audio prints.

In one aspect of embodiments disclosed herein, the method
generates an event as a result of identifying the match. The
event may be notifying the application of identification of the
match.

In one aspect of embodiments disclosed herein, the method
constructs, at the processor, the library of known audio prints
by selecting and cropping snippets of audio streams contain-
ing audio that the application desires to detect. The method
generates a synthetic audio print from a plurality of similar
audio streams containing audio that the application desires to
detect, where the library of known audio prints comprises
audio prints and synthetic audio prints.

In one aspect of embodiments disclosed herein, the method
constructs, at the processor, the library of known audio prints
from pre-recorded audio stream segments provided by the
application. The library of known audio prints comprises
known audio prints and synthetic audio prints. The known
audio print is created by determining periods of silence in the
pre-recorded audio stream segments where energy is less than
a tunable threshold, to create a silence constraint associated
with the known audio print. The method selects temporal
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points within the known audio print, and determines compo-
nent data at the temporal points. The method generates a
synthetic audio print from a plurality of similar audio streams
from the pre-recorded audio stream segments provided by the
application.

In one aspect of embodiments disclosed herein, when the
method generates the synthetic audio print, the method per-
forms the signal analysis on a plurality of similar audio
streams to generate a plurality of stream audio prints, where
the plurality of stream audio prints match at least one known
audio print. The method performs a statistical comparison on
the plurality of stream audio prints to determine common
frequencies among the plurality of stream audio prints, and
frequencies within the plurality of stream audio prints that
most often match at least one frequency associated with at
least one known audio print. The method generates the syn-
thetic audio print from the common frequencies among the
plurality of stream audio prints, and the frequencies within
the plurality of stream audio prints that most often match at
least one frequency associated with at least one known audio
print.

In one aspect of embodiments disclosed herein, the method
uses the synthetic audio print as the known audio print when
determining the potential match, and when computing the
total scoring metric function.

In one aspect of embodiments disclosed herein, when the
method performs the signal analysis on the audio stream, the
method determines at least two frequencies within the audio
stream where the frequencies are selected from a plurality of
computed frequencies. The method determines a respective
amplitude associated with each of the frequencies, and iden-
tifies an amplitude ratio between each of the respective ampli-
tudes.

In one aspect of embodiments disclosed herein, when the
method performs the signal analysis on the audio stream, the
method identifies at least one period of silence within the
audio stream. The period of silence is identified when energy
is lower than a percentage of a peak amplitude associated with
a respective sample of the audio stream. The percentage is
tunable.

In one aspect of embodiments disclosed herein, when the
method applies the silence constraint to the potential match,
the method temporally matches at least one silence period
between the stream audio print and the known audio print.

In one aspect of embodiments disclosed herein, when the
method determines the potential match between the stream
audio print and the known audio print from the library of
known audio prints, the method determines the potential
match between at least two frequencies and amplitude ratios
associated with the stream audio print, and at least two fre-
quencies and amplitude ratios associated with the known
audio print.

In one aspect of embodiments disclosed herein, when the
method receives the audio stream, the method receives the
audio stream of an outbound telephone call before the tele-
phone call is answered. The audio stream is comprised of at
least one of early media, pre-call audio of the telephone call,
and ring back audio. The known audio print from the library
of known audio prints comprises a library of pre-recorded
messages representing messages played by at least one of a
telecommunication carrier, a phone company, a mobile phone
company, and a ring back tone provider. The pre-recorded
messages comprise at least one of voice audio, a period of
silence, a special information tone, and a ring tone.

In one aspect of embodiments disclosed herein, when the
method receives the audio stream, the method receives the
audio stream of an outbound telephone call immediately after

25

40

45

50

4

the telephone call is answered. The known audio print from
the library of known audio prints comprises a library of pre-
recorded messages representing messages played by at least
one of an answering machine, and a voicemail system. The
pre-recorded messages comprise at least one of a default
message played by the answering machine if a person receiv-
ing the telephone call has not recorded their own greeting, the
voicemail system used by a Private Branch Exchange (PBX)
system, the voicemail system used by an Automatic Call
Distributor (ACD) system, the voicemail system used by a
mobile carrier, the voicemail system used by a telephone
company, another type of automated answering message
played when the person receiving the telephone call does not
answer in person, and a beep or tone played by the answering
machine or the voicemail system indicating that a caller is to
record a message.

In one aspect of embodiments disclosed herein, when the
method receives the audio stream, the method receives the
audio stream of an outbound telephone call after the tele-
phone call is answered. The known audio print from the
library of known audio prints comprises a library of pre-
recorded messages representing messages played by an inter-
active voice response (IVR) system. The pre-recorded mes-
sages comprise at least one of voice prompts played by the
IVR, and tones played by the IVR.

System and computer program products corresponding to
the above-summarized methods are also described and
claimed herein.

BRIEF DESCRIPTION OF THE SEVERAL
VIEWS OF THE FIGURES

FIG. 1 illustrates an embodiment of a system for matching
a digitized stream of audio signals to a known audio record-
ing, according to embodiments disclosed herein.

FIG. 2 illustrates an audio waveform with its correspond-
ing spectrogram, according to embodiments disclosed herein.

FIG. 3 is a flowchart illustrating an embodiment of a
method for matching a digitized stream of audio signals to a
known audio recording, according to embodiments disclosed
herein.

FIG. 4 is a flowchart illustrating an embodiment of a
method for matching a digitized stream of audio signals to a
known audio recording where the method computes a total
scoring metric function, according to embodiments disclosed
herein.

FIG. 5a is a flowchart illustrating an embodiment of a
method for matching a digitized stream of audio signals to a
known audio recording where the method computes a scoring
metric function at a subset of temporal points, according to
embodiments disclosed herein.

FIG. 5b a continuation of the flowchart of FIG. 5q illus-
trating an embodiment of a method for matching a digitized
stream of audio signals to a known audio recording where the
method computes a scoring metric function at a subset of
temporal points, according to embodiments disclosed herein.

FIG. 6 is a flowchart illustrating an embodiment of a
method for matching a digitized stream of audio signals to a
known audio recording where the method computes a scoring
metric function at a subset of temporal points, and chooses the
subset of temporal points as temporal points that are not
periods of silence, according to embodiments disclosed
herein.

FIG. 7 is a flowchart illustrating an embodiment of a
method for matching a digitized stream of audio signals to a
known audio recording where the method determines if appli-
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cation of the silence constraint is successful or not, according
to embodiments disclosed herein.

FIG. 8 is a flowchart illustrating an embodiment of a
method for matching a digitized stream of audio signals to a
known audio recording where the method constructs the
library of known audio prints, according to embodiments
disclosed herein.

FIG. 9 is a flowchart illustrating an embodiment of a
method for matching a digitized stream of audio signals to a
known audio recording where the method performs signal
analysis on the audio stream, according to embodiments dis-
closed herein.

FIG. 10 is a flowchart illustrating an embodiment of a
method for matching a digitized stream of audio signals to a
known audio recording where the method applies a silence
constraint, according to embodiments disclosed herein.

FIG. 11 is a flowchart illustrating an embodiment of a
method for matching a digitized stream of audio signals to a
known audio recording where the method determines a poten-
tial match between the stream audio print and the known
audio print, according to embodiments disclosed herein.

FIG. 12 is a flowchart illustrating an embodiment of a
method for matching a digitized stream of audio signals to a
known audio recording where the method receives the audio
stream of an outbound telephone call before the call is
answered.

FIG. 13 is a flowchart illustrating an embodiment of a
method for matching a digitized stream of audio signals to a
known audio recording where the method receives the audio
stream of an outbound telephone call immediately after the
call is answered.

DETAILED DESCRIPTION

Embodiments disclosed herein provide matching a digi-
tized stream of audio signals to a known audio recording. The
following description is presented to enable one of ordinary
skill in the art to make and use embodiments disclosed herein,
and are provided in the context of a patent application and its
requirements. Various modifications to the embodiment will
be readily apparent to those skilled in the art and the generic
principles herein may be applied to other embodiments. Thus,
embodiments disclosed herein are not intended to be limited
to the embodiment shown but is to be accorded the widest
scope consistent with the principles and features described
herein.

Embodiments disclosed herein can take the form of an
entirely hardware embodiment, an entirely software embodi-
ment or an embodiment containing both hardware and soft-
ware elements. In a preferred embodiment, embodiments
disclosed herein are implemented in software, which includes
but is not limited to firmware, resident software, microcode,
etc.

Furthermore, embodiments disclosed herein can take the
form of a computer program product accessible from a com-
puter-usable or computer-readable medium providing pro-
gram code for use by or in connection with a computer or any
instruction execution system. For the purposes of this
description, a computer-usable or computer readable medium
can be any apparatus that can contain, store, communicate,
propagate, or transport the program for use by or in connec-
tion with the instruction execution system, apparatus, or
device.

The medium can be an electronic, magnetic, optical, elec-
tromagnetic, infrared, or semiconductor system (or apparatus
ordevice) or a propagation medium. Examples of'a computer-
readable medium include a semiconductor or solid state
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memory, magnetic tape, a removable computer diskette, a
random access memory (RAM), aread-only memory (ROM),
arigid magnetic disk and an optical disk. Current examples of
optical disks include compact disk—read only memory (CD-
ROM), compact disk—read/write (CD-R/W) and DVD.

A data processing system suitable for storing and/or
executing program code will include at least one processor
coupled directly or indirectly to memory elements through a
system bus. The memory elements can include local memory
employed during actual execution of the program code, bulk
storage, and cache memories which provide temporary stor-
age of at least some program code in order to reduce the
number of times code must be retrieved from bulk storage
during execution.

Input/output or /O devices (including but not limited to
keyboards, displays, point devices, etc.) can be coupled to the
system either directly or through intervening I/O controllers.

Network adapters may also be coupled to the system to
enable the data processing system to become coupled to other
data processing systems or remote printers or storage devices
through intervening private or public networks. Modems,
cable modem and Ethernet cards are just a few of the currently
available types of network adapters.

The flowchart and block diagrams in the Figures illustrate
the architecture, functionality, and operation of possible
implementations of systems, methods and computer program
products according to various embodiments disclosed herein.
In this regard, each block in the flowchart or block diagrams
may represent a module, segment, or portion of code, which
comprises one or more executable instructions for imple-
menting the specified local function(s). It should also be
noted that, in some alternative implementations, the functions
noted in the block may occur out of the order noted in the
figures. For example, two blocks shown in succession may, in
fact, be executed substantially concurrently, or the blocks
may sometimes be executed in the reverse order, depending
upon the functionality involved. It will also be noted that each
block of'the block diagrams and/or flowchart illustration, and
combinations of blocks in the block diagrams and/or flow-
chart illustration, can be implemented by special purpose
hardware-based systems that perform the specified functions
or acts, or combinations of special purpose hardware and
computer instructions.

The terminology used herein is for the purpose of describ-
ing particular embodiments only and is not intended to be
limiting of embodiments disclosed herein. As used herein, the
singular forms “a”, “an” and “the” are intended to include the
plural forms as well, unless the context clearly indicates oth-
erwise. It will be further understood that the terms “com-
prises” and/or “comprising,” when used in this specification,
specify the presence of stated features, integers, steps, opera-
tions, elements, and/or components, but do not preclude the
presence or addition of one or more other features, integers,
steps, operations, elements, components, and/or groups
thereof.

FIG. 1 illustrates a system for matching a digitized stream
of audio signals to a known audio recording according to
embodiments disclosed herein. The computer system 100 is
operationally coupled to a processor or processing units 106,
a memory 101, and a bus 109 that couples various system
components, including the memory 101 to the processor 106.
The bus 109 represents one or more of any of several types of
bus structure, including a memory bus or with one or more
external devices 111, such as a display 110, via I/O interfaces
107. The memory 101 may include computer readable media
in the form of volatile memory, such as random access
memory (RAM) 102 or cache memory 103, or non-volatile
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storage media 104. The memory 101 may include at least one
program product having a set of at least one program code
modules 105 that are configured to carry out the functions of
embodiments of the present invention when executed by the
processor 106. The computer system 100 may communicate
with one or more networks via network adapter 108.

FIG. 2 illustrates an example waveform 112 and frequency
response 114 of a telephony Early Media example. “Early
Media” refers to audio heard by a caller once a call is placed,
but before it is answered by the party being called (e.g.,
ringing, a busy signal, and messages such as “The number
you are trying to reach has been disconnected”). The wave-
form 112 (starting at time=0) begins with a standard ring tone,
a set of three special information tones (SIT), some human
voice audio, and three fast busy tones. Audible telephony call
progress tones are standards based. A standard ring tone is
delivered as an audio signal with dual overlapped frequencies
of equal amplitude, one at 440 Hz and the other at 480 Hz,
with 2 seconds on and 4 seconds off. A busy tone consists of
dual frequencies at 480 Hz and 620 Hz, for 0.5 seconds on and
0.5 seconds off. A fast busy, or reorder tone, has the same
frequency characteristics as a busy tone, however it is shorter,
0.25 seconds on, and 0.25 seconds off. Special information
tones consist of three, single frequency, rising tones. The
frequency and duration of these three tones can be modified to
indicate different signaling information. Dual tone multi-
frequency tones (DTMF) are another example of dual tones
that carry signaling information. Voice audio is characterized
by a continuously changing set of frequencies. Any given
segment of voice audio may contain numerous frequencies
with varying amplitude.

FIG. 3 is a flowchart of an example embodiment of
embodiments disclosed herein for matching a digitized
stream of audio signals to a known audio recording accord-
ing. In 200, the method receives, at a processor 106, an audio
stream from an application. In an example embodiment, the
audio stream may be early media or pre-call audio received
when placing an outbound telephone call. The audio stream
may also be a recorded telephony message from an Interac-
tive Voice Response (IVR) system, Private Branch Exchange
(PBX), answering machine, Automatic Call Distributor
(ACD), or other automated telephone messaging systems. In
another example embodiment, the audio stream may be a
radio program, live or recorded, where matching is performed
to determine if, for example, commercials were played during
the radio program. The matching may be performed to deter-
mine if the content of the commercials was correct, if the
commercial was played a correct number of times, at the
correct portions of the ratio program, etc. The audio stream
may also be received via the Internet. The audio stream may
also be received from a microphone of a smart phone as part
of an application.

In 201, the method performs, at the processor 106, signal
analysis on the audio stream to compute a stream audio print
of'the audio stream. The stream audio print identifies a pattern
associated with the audio stream. The signal analysis is per-
formed on sound and silence within the audio stream. The
signal analysis may be performed using a variety of methods.
In an example embodiment, given an audio stream (i.e., a
digital audio signal):

x(2),i=0, ... ®

The audio stream is sampled at a rate of N samples per second.
Then, a discrete Fourier transform (DFT) is computed of
overlapped, windowed segments of the audio signal of length
M, overlapped by length L. In an example embodiment, a
Hamming window is used, but any number of other windows
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may be chosen. The DFT produces a spectrogram (i.e., the
frequency response 114), with frequency and amplitude com-
ponents of the signal at discrete points in time. The choice of
M and L is tunable, and may impact the calculation results.
For example, given an audio stream, sampled at N=8000
samples per second, selection of a window length M=800 will
produce a frequency resolution of N/M, or 10 Hz, when the
DFT is computed. Selection of L.=160 samples, results in the
temporal resolution of 160/8000, or 0.02 seconds.

In another example embodiment, for ringing tones and
special information tones (SIT tones), the method computes a
stream audio print from the tone characteristics without any
sampling of examples. For example, a standard ring tone
heard when placing an outbound telephone call may be of 2
seconds duration, with two overlapped frequencies, at 440 Hz
and 480 Hz, followed by a period of silence. The amplitude of
the two frequencies should be the same, so the ratio between
the two is unity.

In 202, the method applies, at the processor 106, a silence
constraint to match periods of silence in the stream audio print
to periods of silence in a known audio print from a library of
known audio prints, where the silence constraint is associated
with the known audio print. In an example embodiment, the
signal analysis is computed on voice, SIT and silence portions
of the audio stream. Computation of the signal analysis pro-
duces the stream audio print that is then compared to a known
audio print from a library of known audio prints. In an
example embodiment, prior to the comparison, a silence con-
straint is applied to the audio stream to match periods of
silence in the audio stream to periods of silence in the known
audio print. In another example embodiment, the periods of
silence in the audio stream must match, temporally, the peri-
ods of silence in the known audio print. In other words, the
periods of silence in the audio stream must occur at the same
points where the periods of silence occur in the known audio
print. In yet an example embodiment, if the periods of silence
in the audio stream do not match the periods of silence in the
known audio print, then the method determines a match has
not been made between the audio stream and the known audio
print. In an example embodiment, the method continues to
compare the stream audio print at each point in time with a
plurality of known audio prints from the library of known
audio prints to determine if any of the known audio prints are
detected by the method. For example, the method applies the
silence constraint to the stream audio print. If application of
the silence constrain is successful with one of the known
audio prints, the method then computes the scoring function.
If application of the silence constraint is not successful, then
the method continues to apply the silence constraint using
other known audio prints from the library of known audio
prints.

In 203, the method determines, at the processor 106, a
potential match between the stream audio print and the known
audio print. In an example embodiment, the method performs
the signal analysis, and applies the silence constraint to the
audio stream. If the comparison is successful, meaning the
audio stream has periods of silence at the same temporal
points as the known audio print, then the method determines
apotential match has been made, and continues the compari-
son by computing the total scoring metric function.

FIG. 4 is a flowchart of an example embodiment for com-
puting a total scoring metric function associated with the
potential match.

In 204, as noted above if application of the silence con-
straint is successful, the method computes, at the processor
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106, a total scoring metric function associated with the poten-
tial match, to identify a match between the stream audio print
and the known audio print.

In 205, the method overlays the stream audio print with the
known audio print. The method overlays the stream audio
print with the known audio print to determine if there are
matches between the stream audio print and known audio
print, at the same temporal points. In an example embodi-
ment, the method may only be interested in detecting a subset
of the known audio prints from the library of known audio
prints, and performs the comparison to detect only those
known audio prints that the method is interested in detecting.
In another example embodiment, the method may be inter-
ested in detecting any of the known audio prints from the
library of known audio prints, and performs the comparison
using all of the known audio prints in the library of known
audio prints.

In 206, the method computes a scoring metric function at a
subset of temporal points. In an example embodiment, the
method compares the stream audio print at each point through
the use of a scoring metric function such as the following
example:

(A1), 4 (1)=0 (@, 1=, )+B(0,0-02)+1(ay~a,)

where A, (t,) refers to the known audio print, A(t,) refers to
the stream audio print, and f(A,(t,), A(t,)) is the scoring metric
function which computes a measure of the closeness of the
known audio print and the stream audio print at the temporal
point. Other examples of scoring metric functions may also
be used.

In 207, the method sums a result of the scoring metric
function at each of the subset of temporal points to create a
total score metric. The total score metric is a result of the total
scoring metric function. In an example embodiment, the sum-
ming equation for the total scoring metric function at each of
the subset of temporal points may be an equation such as:

1
A =5, f (Ap(r), A
Pi=0

where total score metric tends to zero when the frequency
components of the stream audio print and the known audio
print match, and their amplitude ratios are equivalent. Other
calculations may also be used to create the total score metric.

FIG. 5a is a flowchart of an example embodiment for
computing a scoring metric function at a subset of temporal
points.

In 208, the method computes a scoring metric function at a
subset of temporal points. In an example embodiment, the
method performs signal analysis on the audio stream to pro-
duce a set of frequency and amplitude data for each temporal
point in the subset of temporal points. The method then com-
putes the scoring metric function at each temporal point using
the frequency and amplitude data.

In 209, the method computes the scoring metric function,
ata temporal point, between component data from the stream
audio print, and component data from the known audio print.
In this example embodiment, the component data from the
stream audio print comprises:

1) a first frequency associated with the stream audio print,

i) a second frequency associated with the stream audio
print, and

iii) a firstamplitude ratio associated with the first frequency
and the second frequency.
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The component data from the known audio print com-
prises:

1) a third frequency associated with the known audio print,

ii) a fourth frequency associated with the known audio
print, and

iii) a second amplitude ratio associated with the third fre-
quency and the fourth frequency. In an example embodiment,
when the method performs a signal analysis to produce a set
of points for each temporal point in the subset of temporal
points, each set of points comprises two frequencies associ-
ated with the stream audio print (i.e., the first frequency and
the second frequency) and an amplitude ratio of the two
frequencies. The known audio print also has two frequencies
(i.e., the third frequency and the fourth frequency) associated
with the known audio print, and an amplitude ratio associated
with the two known audio print frequencies. In another
example embodiment, the method may compute more than
two frequencies for the stream audio print. In this scenario,
the known audio print would likewise also have more than
two frequencies.

In 210, the method calculates a first component as a differ-
ence between the first frequency and the third frequency. As
noted above in 207, an example of calculating the scoring
metric function at each of the subset of temporal points may
be

S (2),4(1:) )= @, (=0 ) +B(0p- ) +1(a,—a,)

In an example embodiment, the method calculates the dif-
ference between the w,, (i.e., the third frequency associated
with the known audio print), and w, (i.e., the first frequency
associated with the stream audio print).

In 211, the method applies a first tunable parameter to scale
the first component. In an example embodiment, the method
applies a as the first tunable parameter to the (w,, -, ) equa-
tion.

In 212, the method calculates a second component as a
difference between the second frequency and the fourth fre-
quency. In an example embodiment, the method calculates
the difference between w,,, (i.e., the fourth frequency associ-
ated with the known audio print) and w, (i.e., the second
frequency associated with the stream audio print).

In 213, the method applies a second tunable parameter to
scale the second component. In an example embodiment, the
method applies § as the second tunable parameter to the
(0,,~0,) equation.

In 214, the method calculates a third component as a dif-
ference between the first amplitude ratio and the second
amplitude ratio. In an example embodiment, the method cal-
culates the difference between a,, (i.e., second amplitude
ratio) and a,. (i.e., the first amplitude ratio).

In 215, the method applies a third tunable parameter to
scale the third component. In an example embodiment, the
methqd applies y as the third tunable parameter to the (a,,~a,)
equation.

In 216, the method sums the first component, the second
component, and the third component to calculate the scoring
metric function. Each of the first, second and third tunable
parameters is chosen to scale an influence that the respective
first, second, and third component has on the result of the
scoring metric function. In an example embodiment, the first
tunable parameter, for example @, is chosen to scale an influ-
ence that the (w,,—m,) equation has on the result of the
scoring metric function, the second tunable parameter, for
example 3, is chosen to scale an influence that the (w,,,~m,)
equation has on the result of the scoring metric function, and
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the third tunable parameter, for example v, is chosen to scale
an influence that the (a,, ~a,) equation has on the result of the
scoring metric function.

In 217, the method determines the match between the
stream audio print and the known audio print when the total
scoring metric is a low value, where, for example, the low
value is less than a tunable threshold. In an example embodi-
ment, the difference between the stream audio print and
known audio print frequencies should be near zero, as well as
the difference between the stream audio print and known
audio print amplitude ratios.

FIG. 6 is a flowchart of an example embodiment for com-
puting a scoring metric function at a subset of temporal
points.

In 218, the method computes a scoring metric function at a
subset of temporal points. In an example embodiment, the
method performs a signal analysis to produce a set of points
for each temporal point in the subset of temporal points. The
method then applies the silence constraint to the set of points
to determine if there is a match between periods of silence in
the audio stream and periods of silence in the known audio
print. If there is a match (meaning application of the silence
constraint is successful), then the method computes the scor-
ing metric function at each of the subset of temporal points. In
an example embodiment, the method may choose the subset
of temporal points at which to compute the scoring metric
function. For example, the subset of temporal points may be
chosen at the time the known audio print is created. The
technique for choosing the subset of temporal points may
vary, for example, the method may select the most “energetic”
non-silence points (according to a tunable value) for the num-
ber of points to chose. In another example embodiment, the
method may choose the points that have the biggest differ-
ence between a first and second frequency, or points that have
a specific frequency, as one of the frequencies, etc.

In 219, the method chooses the subset of temporal points as
temporal points that are not periods of silence. In an example
embodiment, the method chooses the subset of temporal
points that have SIT (Special Information Tones), voice
audio, call progress tones, etc., but does not choose temporal
points that contains what the method has determined to be
periods of silence within the audio stream. In another
example embodiment, the subset of temporal points may be
chosen to fulfill specific requirements, such as 5 points per
second of non-silent audio in the audio stream.

In 220, the method chooses the subset of temporal points as
temporal points that have the greatest frequency amplitude,
where the number of temporal points in the subset is tunable.
In an example embodiment, the method chooses the subset of
temporal points as temporal points that have been determined
to have the greatest frequency amplitude. Those temporal
points with the greatest frequency amplitude may be chosen,
for example, as the least likely to be obscured by the presence
of noise.

FIG. 7 is a flowchart of an example embodiment for com-
puting a total scoring metric function associated with the
potential match to identify a match between the stream audio
print and the known audio print, if application of the silence
constraint is successful.

In 221, ifapplication of the silence constraint is successful,
the method computes a total scoring metric function associ-
ated with the potential match to identify a match between the
stream audio print and the known audio print.

In 222, the method performs the signal analysis, applies the
silence constraint, determines the potential match, and com-
putes the total scoring metric function, real time, on the audio
stream as the audio stream is received. In an example embodi-
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ment, the known audio prints are pre-recorded short audio
segments, and the method determines the match between the
known audio print, and segments within a longer audio stream
as the audio stream is received in real time. In another
example embodiment, the steps of performing the signal
analysis, applying the silence constraint, determining the
potential match, and computing the total scoring metric func-
tion are optimized for voice audio and telephony tone based
on signaling mechanisms such as DTMF, SIT, ring and busy
tones. In yet another example embodiment, the above-men-
tioned steps may be performed on other types of audio sig-
nals. In yet still another example embodiment, the above-
mentioned steps may be performed on a recorded audio
message.

In 223, the method generates an event as a result of iden-
tifying the match by notifying the application of identification
of the match. In an example embodiment, if the method
determines a match between the stream audio print and
known audio print, the method generates an event, such as
notifying the application (from which the audio stream was
received) of identification of the match. For example, the
method may be performed on the audio received after placing
a telephone call but before it is answered, which is known as
early media or pre-call audio. In this example, the library of
known audio prints might comprise carrier voice messages
indicating, for example, the fact that the number is discon-
nected, or that the subscriber is not available. In this scenario,
the method reports back if a match is made to one of these
carrier voice messages and, if so, to which message, so that
the application can properly update records about the number
it has dialed.

In another example embodiment, the method notifies the
application of the match as well as a number of times the
match was made in the audio stream. For example, the
method may be performed on a radio program to determine if
content (such as a commercial advertisement) was played
within the radio program, correctly, the correct number of
times, and at correct points in the radio program. In this
scenario, the method reports back both the match as well as
the number of times the match was made and the temporal
points within the radio program at which the match was made.
The radio program may be live, or it may be pre-recorded. In
another example embodiment, the method may be performed
to determine if commercial advertisements were played
within television content, or content streamed over the Inter-
net.

In another example embodiment, the method may be used
for scripting an interactive voice response application (IVR)
to interact with another IVR by detecting voice prompts, and
generating an event that identifies what the next response
should be.

Alternatively, in 224, if application of the silence constraint
is not successful, the method continues to perform the signal
analysis, apply the silence constraint, determine the potential
match, and compute the total scoring metric function on a
plurality of segments associated with the audio stream, where
the audio stream is comprised of the plurality of segments,
until at least one of:

1) the potential match is determined, or

ii) the potential match is not determined in any of the
plurality of segments.

The method then notifies the application that there is no
matching known audio print for the known audio print, or any
of'the known audio prints in the library of known audio prints.
In an example embodiment, the method compares the stream
audio print to the known audio print to determine a match at
a temporal point in the audio stream. If a match is not deter-
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mined, the method continues through the audio stream (i.e.,
other temporal points) until either a match has been deter-
mined, or the audio stream has been completely traversed and
processed. If no match has been made throughout the entirety
of the audio stream for any of the known audio prints, the
method notifies the application (from which the audio stream
was received) that there was no matching known audio print
discovered within the audio stream.

Alternatively, in 225, if application of the silence constraint
is not successful, the method identifies the stream audio print
as a possible new known audio print to be added to the library
of known audio prints. In other words, if the method com-
putes a stream audio print, and determines that there is no
match for the stream audio print within the library of known
audio prints, then the method may identify that stream audio
print as a possible new known audio print that needs to be
analyzed and added to the library.

FIG. 8 is a flowchart of an example embodiment for con-
structing, at the processor, the library of known audio prints
by selecting and cropping snippets of audio streams contain-
ing audio that the application desires to detect.

In 226, the method constructs, at the processor, the library
of known audio prints by creating audio prints from pre-
recorded audio streams containing audio that the application
desires to detect. This is performed by determining periods of
silence where the energy is less than a tunable threshold to
create a silence constraint associated with this known audio
print. The method then selects temporal points, and deter-
mines component data at those points to create the known
audio print. The method may also generate a synthetic audio
print from a plurality of similar audio streams containing
audio that the application desires to detect, where the library
of known audio prints comprises audio prints and synthetic
audio prints.

In an example embodiment, the method constructs, at the
processor, the library of known audio prints from pre-re-
corded audio stream segments provided by the application.
The library of known audio prints comprises known audio
prints and synthetic audio prints. The known audio print is
created by determining periods of silence in the pre-recorded
audio stream segments where energy is less than a tunable
threshold, to create a silence constraint associated with the
known audio print. The method selects temporal points
within the known audio print, and determines component data
at the temporal points. In an example embodiment, the
method determines component data as described above in
FIGS. 54 and 5b. The method generates a synthetic audio
print from a plurality of similar audio streams from the pre-
recorded audio stream segments provided by the application.

In 227, the method generates a synthetic audio print from a
plurality of similar audio streams containing audio that the
application desires to detect, where the library of known
audio prints comprises audio prints and synthetic audio
prints. In an example embodiment, the method may deter-
mine a similarity between a plurality of audio streams, and
generate a synthetic audio print from the plurality of similar
audio streams to use as a known audio print in the library of
known audio print. In another example embodiment, the gen-
erated synthetic audio print is a “better” audio print than a
known audio print from the library of known audio prints.

In 228, the method performs the signal analysis on a plu-
rality of similar audio streams to generate a plurality of stream
audio prints. In an example embodiment, the method per-
forms the signal analysis on the plurality of audio streams to
generate a plurality of stream audio prints to utilize when
generating the synthetic audio print. In an example embodi-
ment, the plurality of similar audio streams matches only one
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known audio print. In another example embodiment, the plu-
rality of similar audio streams match more than one known
audio print.

1n 229, the method performs a statistical comparison onthe
plurality of stream audio prints to determine:

i) common periods of silence,

ii) common frequencies among the plurality of stream
audio prints, and

iii) frequencies within the plurality of stream audio prints
that most often match at least one frequency associated with
at least one known audio print.

In an example embodiment, the method performs the sta-
tistical comparison on the plurality of stream audio prints to
determine the most common frequencies among the plurality
of stream audio prints as well as the frequencies that most
often match at least one frequency associated with the known
audio print or known audio prints in an effort to generate the
“better” known audio print.

In 230, the method generates the synthetic audio print
from:

1) the common periods of silence,

ii) the common frequencies among the plurality of stream
audio prints, and

iii) the frequencies within the plurality of stream audio
prints that most often match at least one frequency associated
with at least one known audio print.

In an example embodiment, the method uses the common
periods of silence to apply the silence constraint, and the
common frequencies and the frequencies that most often
match the known audio prints as the frequencies used to
compute the total scoring metric function. The method uses
these frequencies also to compute the amplitude ratio that is
used in the total scoring metric function when the scoring
metric function is used to determine a match between a stream
audio print and a known audio print (i.e., in this case, the
known audio print would be the synthetic audio print).

In 231, the method uses the synthetic audio print as the
known audio print when determining the potential match, and
when computing the total scoring metric function. In other
words, the method generates the synthetic audio print, and
then uses that synthetic audio print as one of the known audio
prints (i.e., a plurality of frequencies and an amplitude ratio
between the plurality of frequencies) in the library of known
audio prints.

FIG. 9 is a flowchart of an example embodiment for per-
forming signal analysis on the audio stream to compute a
stream audio print of the audio stream.

In 232, the method performs signal analysis on the audio
stream to compute a stream audio print of the audio stream,
where the stream audio print identifies a pattern associated
with the audio stream, and where the signal analysis is per-
formed on sound and silence within the audio stream.

In 233, the method determines at least two frequencies
within the audio stream where at least two frequencies are
selected from a plurality of computed frequencies. In an
example embodiment, the method performs the signal analy-
sis on the audio stream using the process explained above in
201. From the frequencies computed, the method selects at
least two frequencies. The method selects at least two fre-
quencies because at least two frequencies are required to
analyze, for example, call progress dual frequency signals. In
an example embodiment, the method selects the most ener-
getic or significant frequencies, for example, at least two of
the most energetic frequencies, and their respective ampli-
tudes. The method selects at least two of the most energetic
frequencies because these frequencies are least likely to be
obscured in the presence of noise. In another example
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embodiment, the actual amplitudes of the frequencies are not
as important as the amplitude ratio between the frequencies.

In 234, the method determines a respective amplitude asso-
ciated with each of at least two frequencies. As noted above,
in an example embodiment, the method selects the frequen-
cies after performing the signal analysis and then determines
the amplitudes associated with each of the selected frequen-
cies.

In 235, the method identifies an amplitude ratio between
each of the respective amplitudes. In an example embodi-
ment, when the method identifies at least two of the frequen-
cies and determines their respective amplitudes, the method
identifies an amplitude ratio between the identified frequen-
cies. In another example embodiment, the preferred ratio is
close to “1”.

Alternatively, in 236, the method identifies at least one
period of silence within the audio stream. The period of
silence may be identified when energy is lower than a per-
centage of a peak amplitude associated with a respective
sample ofthe audio stream. For example, the period of silence
may be defined as any period of the signal where the average
amplitude is less than, for example, 10% of the peak ampli-
tude for that given sample. In another example embodiment,
the percentage is tunable.

FIG. 10 is a flowchart of an example embodiment for
applying a silence constraint to match periods of silence in the
stream audio print to periods of silence in a known audio
print.

In 237, the method applies a silence constraint to match
periods of silence in the stream audio print to periods of
silence in a known audio print from a library of known audio
prints. The silence constraint is associated with the known
audio print. In an example embodiment, the method performs
a signal analysis on the audio stream, and then applies a
silence constraint to the stream audio print before computing
the total scoring metric function. The signal analysis is per-
formed on both sound and silence within the audio stream,
and then the silence constraint is applied to portions of the
stream audio print that are determined to be periods of silence
as described, for example, above in 236.

In 238, the method temporally matches at least one silence
period between the stream audio print and the known audio
print. In an example embodiment, the method matches at least
one silence period in the stream audio print to at least one
silence period in the known audio print where the silence
period in the stream audio print must occur at the same point
as the silence period in the known audio print. If the silence
period in the stream audio print is not determined to occur at
the same point as in the known audio print, then the silence
constraint is determined to have failed, and the total scoring
metric function is not performed on the stream audio print.

FIG. 11 is a flowchart of an example embodiment for
determining a potential match between the stream audio print
and the known audio print.

In 239, the method determining a potential match between
the stream audio print and the known audio print. In an
example embodiment, the method performs signal analysis
on an audio stream to compute a stream audio print. The
method then applies a silence constraint to the stream audio
print to determine if periods of silence in the stream audio
print match periods of silence in the known audio print. If
application of the silence constraint is successful, then the
method determines there is a potential match between the
stream audio print and the known audio print, and proceeds to
compute the total scoring metric function.
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In 240, the method determines the potential match
between:

i) at least two frequencies and amplitude ratios associated
with the stream audio print, and

ii) at least two frequencies and amplitude ratios associated
with the known audio print.

In an example embodiment, the method performs signal
analysis on the audio stream to compute the stream audio
print. The stream audio print may be computed in a variety of
ways. The stream audio print may be comprised of at least two
frequencies, and an amplitude ratio of the respective ampli-
tudes associated with the frequencies. The known audio print
likewise may be comprised of at least two frequencies and an
amplitude ratio of the respective amplitudes associated with
the known audio print frequencies. The method may use a
variety of ways to determine the potential match, for example,
using the equations described in FIG. 4.

FIG. 12 is a flowchart of an example embodiment for
receiving the audio stream of an outbound telephone call
before the call is answered.

In 241, the method receives, at the processor, an audio
stream from an application.

In 242, the method receives the audio stream of an out-
bound telephone call before the telephone call is answered. In
this example, the application may desire to know if there is
any information in this audio that can allow the application to
more accurately disposition the result of attempted call. In an
example embodiment, the audio stream is comprised of at
least one of:

1) early media,

ii) pre-call audio of the telephone call, and

iii) ring back audio.

The known audio print from the library of known audio prints
comprises a library of pre-recorded messages representing
messages played by at least one of:

1) a telecommunication carrier,

i1) a phone company,

iii) a mobile phone company, and

iv) a ring back tone provider.

For example, the message might be played by the terminating
telephone company and might comprise voice audio data
saying, “The number you have reached has been discon-
nected”. Or, the message might be played by a mobile phone
company and might say, “The subscriber you are trying to
reach is temporarily not available, please try your call again
later”. These example messages may be part of a library of
known audio prints that the application wishes to detect.
The pre-recorded messages comprise at least one of:

1) voice audio,

i1) a period of silence,

iii) a special information tone, and

iv) a ring tone.

FIG. 12 is a flowchart of an example embodiment for
receiving the audio stream of an outbound telephone call
immediately after the call is answered.

In 243, the method receives, at the processor, an audio
stream from an application.

In 244, the method receives the audio stream of an out-
bound telephone call immediately after the telephone call is
answered. In this example, the application may wish to know
if an answering machine or voicemail system has answered
the call, in which case it may take different action than if the
called party answers the phone. The known audio print from
the library of known audio prints comprises a library of pre-
recorded messages representing messages played by at least
one of:

1) an answering machine, and
ii) a voicemail system.
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The pre-recorded messages comprise at least one of:

i) a default message played by the answering machine if a
person receiving the telephone call has not recorded their own
greeting,

i1) the voicemail system used by a Private Branch Exchange
(PBX) system,

i1) the voicemail system used by an Automatic Call Distribu-
tor (ACD) system,

iii) the voicemail system used by a mobile carrier,

iv) the voicemail system used by a telephone company,

v) another type of automated answering message played
when the person receiving the telephone call does not answer
in person, and

vi) a beep or tone played by the answering machine or the
voicemail system indicating that a caller is to record a mes-
sage.

For example, the message might be played by a commer-
cial home answering machine if the homeowner has not
recorded a custom greeting. The message may recite, “We can
not take your call right now”. In another example, the mes-
sage may be from an automated voicemail system used by a
mobile phone company if the called party (i.e., the person
receiving the phone call) doesn’t answer the phone. In this
scenario, the message may recite, “The person you have
called can not answer the phone, please leave a message”.
These example messages may be part of a library of known
audio prints that the application wishes to detect.

In 245, the method receives, at the processor, an audio
stream from an application.

In 246, the method receives the audio stream of an out-
bound telephone call after the telephone call is answered. In
this example, the application may be placing a call to aremote
Interactive Voice Response (IVR) system, and may wish to
automatically navigate a set of menus to obtain some data.
The known audio print from the library of known audio prints
comprises a library of pre-recorded messages representing
messages played by an interactive voice response (IVR) sys-
tem. The pre-recorded messages comprise at least one of:

1) voice prompts played by the TVR; and

ii) tones played by the IRV.

For example, the pre-recorded messages might correspond to
different voice prompts played by the IVR, e.g. “Hello, you
have reached the First Bank of Example Town”, and “To
check your account balance, press 17, The application may,
by a combination of using the method to detect menu
prompts, and then by playing DTMF tones, navigate through
the IVR menus. Further pre-recorded messages in the known
audio print library could include simple pre-recorded num-
bers such as, “one”, “two”, “three”, . . . “ten”, “hundred”, and
other short phrases such as “dollars”, and “cents”. With such
pre-recorded messages in the known audio print library, the
method may supply the application with details about which
messages were matched so that the application could under-
stand the account balance.

A method and system for matching a digitized stream of
audio signals to a known audio recording have been dis-
closed.

Although embodiments disclosed herein have been
described in accordance with the embodiments shown, one of
ordinary skill in the art will readily recognize that there could
be variations to the embodiments and those variations would
be within the spirit and scope of embodiments disclosed
herein. Accordingly, many modifications may be made by
one of ordinary skill in the art without departing from the
spirit and scope of the appended claims.
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What is claimed is:
1. A method of matching a digitized stream of audio signals
to a known audio recording, the method comprising:
receiving, at a processor, an audio stream from an applica-
tion;
performing, at the processor, signal analysis on the audio
stream to compute a stream audio print of the audio
stream, wherein the audio stream is comprised of sound
and silence, wherein the stream audio print is computed
on sound and silence, wherein the stream audio print
identifies a pattern associated with the audio stream,
wherein the pattern is comprised of at least two of sound,
silence and frequency, wherein the pattern matches a
similar pattern of at least two of sound, silence and
frequency in known audio print from a library of known
audio prints, and wherein the signal analysis is per-
formed on sound and silence within the audio stream;
applying, at the processor a silence constraint to match
periods of silence in the stream audio print to periods of
silence in the known audio print from the library of
known audio prints, wherein the silence constraint is
associated with the known audio print;
if application of the silence constraint is successful, com-
puting, at the processor, a total scoring metric function
associated with a potential match to identify a match
between the stream audio print and the known audio
print, wherein computing the total scoring metric func-
tion comprises:
overlaying the stream audio print with the known audio
print;
computing a scoring metric function at a subset of tem-
poral points, wherein computing the scoring metric
function comprises:
computing the scoring metric function, at a temporal
point, between component data from the stream
audio print and component data from the known
audio print, wherein the component data from the
stream audio print comprises:
1) a first frequency associated with the stream audio
print;
ii) a second frequency associated with the stream
audio print; and
iii) a first amplitude ratio associated with the first
frequency and the second frequency; and
wherein the component data from the known audio
print comprises:
i) a third frequency associated with the known
audio print;
i) a fourth frequency associated with the known
audio print; and
iii) a second amplitude ratio associated with the
third frequency and the fourth frequency; and
summing a result of the scoring metric function at each
of'the subset of temporal points to create a total score
metric, wherein the total score metric is a result of the
total scoring metric function; and
determining, at the processor, the potential match between
the stream audio print and the known audio print.
2. The method of claim 1 further comprising:
calculating a first component as a difference between the
first frequency and the third frequency;
applying a first tunable parameter to scale the first compo-
nent;
calculating a second component as a difference between
the second frequency and the fourth frequency;
applying a second tunable parameter to scale the second
component;
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calculating a third component as a difference between the
first amplitude ratio and the second amplitude ratio;

applying a third tunable parameter to scale the third com-
ponent; and

summing the first component, the second component, and

the third component to calculate the scoring function,
wherein each of the first, second and third tunable
parameters is chosen to scale an influence that the
respective first, second, and third component has on the
result of the scoring metric function.

3. The method of claim 2 further comprising:

determining the match between the stream audio print and

the known audio print when the total scoring metric is a
low value, wherein the low value is less than a tunable
threshold.

4. The method of claim 1 wherein computing the scoring
metric function at the subset of temporal points comprises at
least one of:

i) choosing the subset of temporal points as temporal points

that are not periods of silence; and
i1) choosing the subset of temporal points as temporal
points that have a greatest frequency amplitude, wherein
a number of temporal points in the subset is tunable.

5. The method of claim 1 further comprising:

performing the signal analysis, applying the silence con-
straint, determining the potential match, and computing
the total scoring metric function, real time, on the audio
stream as the audio stream is received.

6. The method of claim 1 further comprising:

generating an event as a result of identifying the match by

notifying the application of identification of the match.

7. The method of claim 1 further comprising:

constructing, at the processor, the library of known audio

prints from pre-recorded audio stream segments pro-

vided by the application, wherein the library of known

audio prints comprises known audio prints and synthetic

audio prints, and wherein the known audio print is cre-

ated by:

determining periods of silence in the pre-recorded audio
stream segments where energy is less than a tunable
threshold, to create a silence constraint associated
with the known audio print;

selecting temporal points within the known audio print;
and

determining component data at the temporal points; and

generating a synthetic audio print from a plurality of simi-

lar audio streams from the pre-recorded audio stream

segments provided by the application.

8. The method of claim 7 wherein generating the synthetic
audio print comprises:

performing the signal analysis on a plurality of similar

audio streams to generate a plurality of stream audio
prints;

performing a statistical comparison on the plurality of

stream audio prints to determine:

1) common periods of silence;

i1) common frequencies among the plurality of stream
audio prints; and

iii) frequencies within the plurality of stream audio
prints that most often match at least one frequency
associated with the at least one known audio print; and

generating the synthetic audio print from:

1) the common periods of silence;

ii) the common frequencies among the plurality of
stream audio prints; and
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iii) the frequencies within the plurality of stream audio
prints that most often match the at least one frequency
associated with the at least one known audio print.

9. The method of claim 8 further comprising:

using the synthetic audio print as the known audio print

when:

1) determining the potential match; and

i) computing the total scoring metric function.

10. The method of claim 1 further comprising:

if application of the silence constraint is not successful,

continuing to perform the signal analysis, apply the
silence constraint, determine the potential match, and
compute the total scoring metric function on a plurality
of segments associated with the audio stream, wherein
the audio stream is comprised of the plurality of seg-
ments, until at least one of:

1) the potential match is determined; and

ii) the potential match is not determined in any of the
plurality of segments, and notifying the application
that there is no matching known audio print, for the
known audio print, or any of the known audio prints in
the library of known audio prints.

11. The method of claim 1 further comprising:

if application of the silence constraint is not successful,

identifying the stream audio print as a possible new

known audio print to be added to the library of known
audio prints.

12. The method of claim 1 wherein performing the signal
analysis on the audio stream comprises:

determining at least two frequencies within the audio

stream wherein the at least two frequencies are selected

from a plurality of computed frequencies;

determining a respective amplitude associated with each of

the at least two frequencies; and

identifying an amplitude ratio between each of the respec-

tive amplitudes.

13. The method of claim 1 wherein performing the signal
analysis on the audio stream comprises:

identifying at least one period of silence within the audio

stream wherein the at least one period of silence is iden-

tified when energy is lower than a percentage of a peak
amplitude associated with a respective sample of the
audio stream, wherein the percentage is tunable.

14. The method of claim 1 wherein applying the silence
constraint to the potential match comprises:

temporally matching at least one silence period between

the stream audio print and the known audio print.

15. The method of claim 1 wherein determining the poten-
tial match between the stream audio print and the known
audio print from the library of known audio prints comprises:

determining the potential match between:

1) at least two frequencies and amplitude ratios associ-
ated with the stream audio print; and

ii) at least two frequencies and amplitude ratios associ-
ated with the known audio print.

16. The method of claim 1 wherein receiving, at the pro-
cessor, the audio stream from the application comprises:

receiving the audio stream of an outbound telephone call

before the telephone call is answered, wherein the audio
stream is comprised of at least one of:

1) early media;

ii) pre-call audio of the telephone call; and

iii) ring back audio;
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wherein the known audio print from the library of known

audio prints comprises a library of pre-recorded mes-

sages representing messages played by at least one of:

1) a telecommunication carrier;

i1) a phone company;

iii) a mobile phone company; and

iv) a ring back tone provider;

and wherein the pre-recorded messages comprise at least

one of:

1) voice audio;

i1) a period of silence;

iii) a special information tone; and

iv) a ring tone.

17. The method of claim 1 wherein receiving, at the pro-
cessor, the audio stream from the application comprises:

receiving the audio stream of an outbound telephone call

immediately after the telephone call is answered;
wherein the known audio print from the library of known

audio prints comprises a library of pre-recorded mes-

sages representing messages played by at least one of:

1) an answering machine; and

ii) a voicemail system;

and wherein the pre-recorded messages comprise at least

one of:

1) a default message played by the answering machine if
aperson receiving the telephone call has not recorded
their own greeting;

i1) the voicemail system used by a PBX system;

iii) the voicemail system used by an Automatic Call
Distributor (ACD) system;

iv) the voicemail system used by a mobile carrier;

v) the voicemail system used by a telephone company;

vi) another type of automated answering message
played when the person receiving the telephone call
does not answer in person; and

vii) a beep or tone played by the answering machine or
the voicemail system indicating that a caller is to
record a message.

18. The method of claim 1 wherein receiving, at the pro-
cessor, the audio stream from the application comprises:

receiving the audio stream of an outbound telephone call

after the telephone call is answered;

wherein the known audio print from the library of known

audio prints comprises a library of pre-recorded mes-

sages representing messages played by an interactive
voice response (IVR) system;

and wherein the pre-recorded messages comprise at least

one of:

1) voice prompts played by the IVR; and

ii) tones played by the IVR.

19. A computer program product for matching a digitized
stream of audio signals to a known audio recording, the com-
puter program product comprising:

anon-transitory computer readable memory device having

computer readable program code embodied therewith,

the computer readable program code configured to:
receive an audio stream from an application;

perform signal analysis on the audio stream to compute a

stream audio print of the audio stream, wherein the audio

stream is comprised of sound and silence, wherein the
stream audio print is computed on sound and silence,
wherein the stream audio print identifies a pattern asso-
ciated with the audio stream, wherein the pattern is
comprised of at least two of sound, silence and fre-
quency, wherein the pattern matches a similar pattern of
at least two of sound, silence and frequency in known
audio print from a library of known audio prints, and
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wherein the signal analysis is performed on sound and
silence within the audio stream;
apply a silence constraint to match periods of silence in the
stream audio print to periods of silence in the known
audio print from the library of known audio prints,
wherein the silence constraint is associated with the
known audio print;
if application of the silence constraint is successful, com-
pute, at the processor, a total scoring metric function
associated with a potential match to identify a match
between the stream audio print and the known audio
print, wherein computing the total scoring metric func-
tion comprises:
overlaying the stream audio print with the known audio
print;
computing a scoring metric function at a subset of tem-
poral points, wherein computing the scoring metric
function comprises:
computing the scoring metric function, at a temporal
point, between component data from the stream
audio print and component data from the known
audio print, wherein the component data from the
stream audio print comprises:
1) a first frequency associated with the stream audio
print;
ii) a second frequency associated with the stream
audio print; and
iii) a first amplitude ratio associated with the first
frequency and the second frequency; and
wherein the component data from the known audio
print comprises:
1. a third frequency associated with the known
audio print;
2. a fourth frequency associated with the known
audio print; and
3. asecond amplitude ratio associated with the third
frequency and the fourth frequency; and
sum a result of the scoring metric function at each of'the
subset of temporal points to create a total score metric,
wherein the total score metric is a result of the total
scoring metric function; and,
determine the potential match between the stream audio
print and the known audio print.
20. A system comprising:
a processor; and
a non-transitory computer readable memory device, hav-
ing computer readable program code embodied there-
with, the computer readable program code configured
to:
receive an audio stream from an application;
perform signal analysis on the audio stream to compute a
stream audio print of the audio stream, wherein the audio
stream is comprised of sound and silence, wherein the
stream audio print is computed on sound and silence,
wherein the stream audio print identifies a pattern asso-
ciated with the audio stream, wherein the pattern is
comprised of at least two of sound, silence and fre-
quency, wherein the pattern matches a similar pattern of
at least two of sound, silence and frequency in known
audio print from a library of known audio prints, and
wherein the signal analysis is performed on sound and
silence within the audio stream;
apply a silence constraint to match periods of silence in the
stream audio print to periods of silence in the known
audio print from the library of known audio prints,
wherein the silence constraint is associated with the
known audio print;



US 9,053,711 B1

23

if application of the silence constraint is successtul, com-

pute, at the processor, a total scoring metric function

associated with a potential match to identify a match

between the stream audio print and the known audio

print, wherein computing the total scoring metric func-

tion comprises:

overlaying the stream audio print with the known audio
print;

computing a scoring metric function at a subset of tem-
poral points, wherein computing the scoring metric
function comprises:

computing the scoring metric function, at a temporal
point, between component data from the stream
audio print and component data from the known
audio print, wherein the component data from the
stream audio print comprises:

i) a first frequency associated with the stream
audio print;
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ii) a second frequency associated with the stream
audio print; and
iii) a first amplitude ratio associated with the first
frequency and the second frequency; and
wherein the component data from the known audio
print comprises:
i) a third frequency associated with the known
audio print;
i) a fourth frequency associated with the known
audio print; and
iii) a second amplitude ratio associated with the
third frequency and the fourth frequency; and
sum a result of the scoring metric function at each of'the
subset of temporal points to create a total score metric,
wherein the total score metric is a result of the total
scoring metric function; and,
determine the potential match between the stream audio
print and the known audio print.
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